This paper reports on a novel linearisation technique that is applicable to high power amplifiers used with digitally modulated single-or multi-carrier signals. The analysis, simulations and measured results demonstrate that improvements in distortion (ACPR, ACLR and EVM) can be achieved with a relatively small increase in signal processing overhead and minimal hardware complexity. This paper presents the underlying concept by applying frequency-domain analysis to an amplifier modelled by a truncatedpower series. The technique has been successfully applied to EDGE and QPSK-modulated carrier signals, and both simulation and measured results are presented.
INTRODUCTION
Amplifier nonlinearity has been an issue since amplitude modulation itself was first conceived. In Europe, the widespread adoption of GSM with its constant-envelope modulation scheme, Gaussian Minimum Shift Keying (GMSK), allowed the use of more efficient modes of amplifier operation without compromising signal quality. This enabled relatively low power-consumption in both mobile handsets and base-stations, allowing for reductions in cost and size, and increasing handset battery life. Unfortunately, although GSM supports 8 voice channels per carrier, the TDMA/FDD access scheme is not capable of providing the higher bit-rates required for future wideband services. GSM is therefore to be superseded by EDGE (Enhanced Data rates for Global Evolution) and eventually W-CDMA predistortion which has been used since the early days of satellite communication. In digital predistorters, the input signal is conditioned by a nonlinear transfer function describing the inverse of the amplifier in the digital domain, such that that the subsequent distortion produced by the amplifier is compensated. These techniques typically need to be adaptive in order to account for variations in amplifier characteristics over temperature fluctuations and time, and also require an upconverter bandwidth 5-7x wider than that of the original signal. The technique described in this paper reduces inband distortion through the addition of a separate low-frequency second-order signal to the composite RF signal prior to amplification, via the amplifier bias circuitry [5]-[7] . This is distinctly different from the classic digital predistortion approach described above.
ANALYSIS
The analysis begins by modelling amplifier nonlinearity as a simple power-series. To a first approximation, if the deviations around the operating point are not too severe, the transfer characteristic of an amplifier may be represented in power-series form by y(t) = g1x(t)+ g2x2 (t)+ g3X3 (t)+ . . .
(1) where y(t) represents the output signal, x(t) the input signal and gn>>gn+l . In the following analysis, the powerseries is truncated beyond the third-order term in the usual manner.
A digitally-modulated signal may be represented in the frequency domain as a carrier supplemented by a baseband spectrum [8] :
The second-order term of the nonlinear transfer function in (1) gives rise to the following products X(jw)Ax(jw) = B(jw)®B(jw)1/4[6(w+2co)+6(w)] (3) Similarly, the new components produced by the thirdorder term are given by
As expected, equation (4) shows that the third-order term of the transfer function is responsible for producing both third-order harmonic distortion at 3X0 and spectral regrowth around the carrier frequency, cO.
The required baseband-frequency linearising signal is hereby defined as the low-frequency portion of the square of the input signal, which from (3) can be written as:
magnitude and in antiphase, distortion cancellation will occur.
By equating the amplitudes, it may be easily shown that cancellation will result when 2 3a g3 a=g 492 (8) Therefore, for distortion reduction to be maintained with changing power levels, the amplitude of the linearising signal must vary with the square of the amplitude of the input signal.
SIMULATION AND MODELLING
In order to test the validity of the above analysis, the DSP/RF co-simulation capabilities of Agilent's Advanced Design System were employed to construct a circuit with the topology shown in Figure 1 . In this implementation, the linearising signal is formed solely from the raised-cosine filtered in-phase and quadrature baseband waveforms, which are squared before being summed together as shown.
I(jw)= B(jw)® B(jo)
The linearising signal is therefore the auto -correlation of the baseband spectrum, or in the time domain, the square of the baseband waveform. If it is assumed that the amplitude and phase of this linearising signal can be specified independently of the RF carrier, when added together the input signal (2) is modified as follows:
x'(ja) =B(jw)® 1/2[3(w±ow)] +axe-IOB(jw)®B(jw) (6) where ce-jo represents the amplitude and phase-shift applied to the linearising signal with respect to the carrier.
When the signal (6) The linearising signal is subsequently processed to apply phase and amplitude adjustment, and combined with the carrier before amplification. To reduce simulation times and ensure convergence, the model employed in these simulations was a simple 3-term 
EXPERIMENTAL WORK
To allow the linearisation technique to be investigated experimentally, a proof-of-concept test-bench was assembled as shown in Figure 3 . The digital synthesiser (ESG4433B from Agilent) was chosen as it incorporates an internal arbitrary waveform generator to which externally-generated waveforms can be downloaded. These waveforms may be used to modulate a carrier that is upconverted within the unit before being output at RF, allowing the digital I and Q waveforms to be generated in a software environment before being transferred to the unit across HP-IB. The raw I and Q data were also processed to create a linearising signal in accordance with (5) With this arrangement, it was also possible to measure the variation in distortion improvement against power level. In order to investigate this, the power of the 200kHz signal shown in the previous section was swept over a range of 20dB, with the amplitude of the injected linearising signal re-optimised at each step. Figure 7 overleaf shows the variation in fundamental output power, efficiency and upper and lower ACPR (with and without linearisation applied).
Referring to Figure 7 
CONCLUSIONS
The analysis, simulation and experimental results presented in this paper demonstrate the potential of this linearisation technique. It has been shown that a reduction in in-band distortion can be produced with the addition of a linearising signal which is equivalent to the low-frequency portion of the square of the input signal, and that this signal may be generated directly from the baseband waveforms.
The lineariser may be realised with simple digital circuitry operating at near-baseband frequencies, so complexity, power-consumption, size and cost impacts should be minimal. As the circuitry is mainly digital, there are advantages over RF predistortion techniques in terms of the performance variations with time and temperature. Digital Predistortion linearisers also have this advantage, but in order to be effective, they require a bandwidth of at least three (more often five or seven) times the signal bandwidth through the entire upconversion chain. Although less effective than Digital Predistortion, the technique described ilre avoids the
